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The location of error microphones is one key factor that determines the performance of a mul-
tichannel active noise control (ANC) system in terms of global sound power reduction when the 
number and the location of secondary sources are fixed. In a single channel ANC system, the 
optimal error microphone location is on a line that is nearly perpendicular to the secondary and 
primary source axis and closer to the secondary source. This paper investigates the optimal loca-
tion of the error microphones in an 8-channel ANC system in free space. It is demonstrated that 
good noise reduction performance can be achieved by placing the error microphones between 
the primary source and secondary sources and closer to the secondary sources in the low fre-
quency range. Experiments conducted on a gearbox for low frequency noise control show that 
the averaged sound level reduction at the observation locations 2 meters away is 5.2 dB when 
the error microphones are placed at 0.2 m inside the secondary source surface. 
 Keywords: multichannel ANC systems, error microphone location 
 
1. Introduction 
Error sensing strategy is an important issue in active noise control (ANC) systems, which deter-
mines the noise reduction performance and physical compactness, especially after the secondary 
sources are installed [1]. For a monopole primary source and a dipole like pair of primary sources in 
free space, different error sensing strategies have been compared and it is found that minimising the 
sum of the mean active sound intensity in the radial direction is the best strategy when the error 
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sensors are quite close to the control sources [2]. For the structural noise sources, the vibration in-
formation on the structural surface, such as the amplitude of vibration modes or radiation modes has 
been proposed to estimate the sound power to be depressed [3, 4].  
The sound pressure sensing strategy, which employs the sound pressure or the sum of squared 
sound pressure at error microphones as the cost function, has been widely used in practical mul-
tichannel ANC systems for sound radiation control due to the implementation convenience [5, 6]. 
The acoustic power attenuation resulting from minimizing the acoustic pressure amplitude at a sin-
gle error microphone has already been presented in the textbook [7]. It is proposed that the acoustic 
power attenuation achieved when minimizing the acoustic pressure at the sensor(s) varies rapidly 
with location when placing the error sensor(s) in the near field of the sources, especially the primary 
source. The sound power control for a single primary source with two secondary sources has also 
been investigated, and the optimal distance between the primary source and the error microphone is 
0.618 times the distance between the primary source and secondary sources when sound sources are 
in straight-line arrangement [8].   
This paper is a following work based on reference [9], and the effect of error microphone loca-
tions is investigated when 8 secondary sources are placed at the vertexes of a cuboid centred at the 
primary source. First, the theoretical model of the 8-channel ANC system in the cube vertex con-
figuration is discussed. Then simulations for both the cube and cuboid vertex configurations are 
performed. Finally, experiments in cuboid vertex configuration are presented to verify the noise 
reduction performance with different error microphone locations. 
2. Theoretical model 
The 8-channel ANC system in free space investigated in this paper is shown in Fig. 1, where 8 
secondary sources and 8 error microphones are distributed on the vertexes of two cubes centred at 
the primary monopole source. Each error microphone is on the line crossing its neighbouring sec-
ondary source and the primary source. The distance between each error microphone and the primary 
source is dpe, and the distance between each secondary source and the primary source is dps. If dpe < 
dps, the error microphones are placed between the primary source and the secondary sources. 
Assuming all the sound sources in Fig. 1 are monopoles, the sound power with active control can 





s QbbQAQQ ,                                                  (1) 
where Qs is the strength vector of the secondary sources, A is an 8 × 8 matrix composed by the ra-
diation resistances between two corresponding secondary sources, b is an 8 × 1 vector consisting of 
the mutual radiation resistances from the primary source to secondary sources, and c is the sound 
radiation power of the primary source without control. The elements of the matrixes in Eq. (1) are 
Aij = 0.5Z0sinc(kdss,ij), bi = 0.5Z0Qpsinc(kdps), and c = 0.5Z0Qp2, where Z0 = ω2ρ0/4πc0 is the self-
radiation resistance of a monopole in free space, ω is the angular frequency, ρ0 is the air density, c0 
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is the sound speed, k = ω/c0 is the wave number, dss,ij is the distance between the ith and jth secon-
dary sources, Qp is the strength of the primary source, and the function sinc(x) = sin(x)/x. 
 
 
Figure 1: Sketch map of the 8-channel ANC system in free space. 
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where W0 is sound power without control and W0 = c = 0.5Z0Qp2. If the total sound power of both 












10opt 1log10 .                                                   (3) 
Instead of the total sound power, the sum of squared sound pressure level at error microphones is 
always employed as the cost function in applications due to the implementation convenience. Con-
sidering the symmetry of the system in Fig. 1, the strengths of all secondary sources are assumed to 
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where dse,i is the distance between one error microphone and the ith secondary source. In the mini-
mization of the sum of squared sound pressure at error microphones, the optimal secondary source 




























.                                           (5) 
Substituting Eq. (5) into Eq. (1), the total sound power with control is 
dps
dpe
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cW ,                          (6) 
where Re[] denotes the real part in the square brackets, | | is the modulo operator, dss,i is the distance 
between one secondary source and the ith secondary source. 
If the frequency is sufficiently low, the wavelength k decreases to zero and all the sinc(x) func-
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To maximize the noise reduction in Eq. (8), the distance dse,i should be chosen as large as possi-



















d .                                                          (9)
Consider the symmetrical cube vertex configuration of the secondary sources and error micro-
phones in Fig. 1, it can be obtained that the optimal distance dpe = 0.787dps from Eq. (9) and the 
corresponding secondary source strength in Eq. (7) equals − Qp/8. The upper limit of the noise re-
duction with the sound pressure sensing strategy is the noise reduction with the sound power control. 
3. Numerical Simulations 
Consider the 8-channel ANC system shown in Fig. 1, the distance between the primary source 
and each secondary source is fixed as 1 m. The noise reduction with different error microphone 
locations when the sum of the squared sound pressure is adopted as the cost function calculated is 
shown in Fig. 2. Three different frequencies, 57 Hz, 99 Hz and 142 Hz were chosen in the simula-
tions according to the experiment setup in section 4 and the global control requirement that distance 
dps should be less than half wavelength is meet at these frequencies [7]. Fig. 2 shows that the noise 
reduction has an obvious peak within the range rpe < 1 m, where the error microphones are placed 
between the primary source and the secondary sources. When the distance rpe is sufficiently large 
(beyond 1.5 m), the noise reduction increases and converges with rpe. As discussed on Eq. (8), the 
maximal noise reduction occurs when the error microphones are placed infinitely far or at a specific 
location satisfying Eq. (9). 
The maximal noise reduction with sound pressure sensing strategy and the corresponding opti-
mal rpe at different frequencies are shown in Fig. 3. The optimal dpe is in the range between 0.7 m 
and 0.9 m at most frequencies, and converges to 0.787 m when the frequency decreases to zero. The 
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noise reduction with optimally placed error microphones is very close to the noise reduction with 
sound power control in the investigated frequency band.  
 
 
Figure 2: Noise reduction with different error microphone locations at 57 Hz, 99 Hz and 142 Hz. 
 
 
Figure 3: Maximal noise reduction and the corresponding optimal dpe with sound pressure sensing strategy. 
 
In some applications, the secondary sources and error microphones cannot be placed at cube ver-
texes due to the space constraint and the cuboid vertex configuration needs to be further considered. 
Assume that 8 secondary sources are placed at the vertexes of a cuboid, which centred at the pri-
mary source with the dimensions of 1.00 m × 0.72 m × 0.72 m. The distance between each secon-
dary source and the primary source is about 0.71 m. The error microphones are also located on the 
lines determined by the secondary sources and the primary source with an equal distance to the pri-
mary source.  
The estimated noise reduction with different error microphone locations is shown in Fig. 4, 
where the noise reduction decreases with the frequency. The maximal noise reduction is achieved 
when the error microphones are placed 0.4 m outside the secondary source surface (dpe = 1.11 m). If 
the error microphones need to be placed between the primary source and the secondary sources to 
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make the system compact, the error microphones are suggested to be placed 0.2 m inside the secon-
dary source surface (dpe = 0.51 m) to achieve better noise reduction performance. 
 
 
Figure 4: Noise reduction with different error microphone locations in cuboid vertex configuration. 
4. Experiments 
Experiments were conducted in an anechoic chamber in Harbin Engineering University. The re-
corded noise from a gearbox with the fundamental frequency of 14.2 Hz was used to drive a loud-
speaker as the primary source. Considering that mufflers exist at two sides of the primary source, 8 
secondary sources were placed at the vertexes of a cuboid cantered at the primary source as shown 
in Fig. 5, and the cuboid dimension was same as that used in the simulation (1.00 m × 0.72 m × 
0.72 m). All the loudspeakers were self-made and their volume was 20.0 cm × 20.0 cm × 22.0 cm. 
In the experiments, a multichannel ANC controller with the embedded waveform synthesis algo-
rithm [10] was employed and 9 harmonic components around 57 Hz, 71 Hz, 85 Hz, 100 Hz, 114 Hz, 
128 Hz, 142 Hz, 156 Hz and 170 Hz were chosen as the control targets.  
 
   
Figure 5: Experimental setup. 
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When 8 error microphones were placed 20 cm inside the secondary source surface, the averaged 
sound pressure without and with control is shown in Fig. 6(a), where the sound pressure at the tar-
get frequencies are depressed almost to the background level.  Fig. 6(b) shows the averaged sound 
pressure at 7 observation locations 2 meters away around the primary source. The measured sound 
reduction is over 4.3 dB (the averaged value is 5.2 dB) at the target frequencies except 114 Hz and 
142 Hz, where the primary sound pressure level is at least 20 dB lower than the highest peak value.  
 
 
 (a)                                                                  (b) 
Figure 6: Averaged sound pressure level with and without control when the error sensors are 20 cm inside 
the secondary source surface (a) at error microphones (b) at observation locations 
 
The reduction of the averaged sound pressure level at observation locations is listed in Table 1. It 
is clear that the best reduction performance is achieved when the distance dpe = 0.51 m, which 
means that the optimal location of the error microphones is between the primary source and secon-
dary sources in the experiments. This is different from the simulation results shown in Fig. 4 where 
the optimal distance is dpe = 1.11 m. The reason for this deviation maybe that the scattering of the 
gearbox and mufflers are not considered in the simulations. However, it is validated that good noise 
control performance can be achieved by placing the error microphones between the primary source 
and secondary sources and closer to the secondary sources. 
 
Table 1: Measured reduction of the averaged sound pressure level at observation locations 
                f (Hz) 
NR (dB) 
dpe (m) 
56.8 71 85 99 114 128 142 156 170 
0.41 −1.4 −1.3 3.2 2.2 0.0 1.0 −1.0 0.8 1.9 
0.51 4.3 5.8 8.2 7.4 2.7 6.9 0.3 5.8 5.5 
0.61 4.6 8.2 9.8 8.7 4.7 2.5 −0.5 1.2 −0.6 
1.01 6.7 3.8 4.8 4.9 2.0 0.8 −1.7 −2.9 −3.5 
1.11 7.8 4.2 6.7 6.9 3.5 2.0 0.0 −2.2 −4.1 
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5. Conclusions 
The location of error microphones in an 8-channel active noise control system is investigated in 
terms of global sound power reduction. It is demonstrated that good noise reduction performance 
can be achieved by placing the error microphones between the primary source and secondary 
sources and closer to the secondary sources. If the system is symmetrical about the primary source 
and in the cube vertex configuration, the optimal distance between the primary source and the error 
microphones is about 0.787 times of the distance between the primary source and the secondary 
sources when the frequency is sufficiently low. Experiment results show that a sound level reduc-
tion of 5.2 dB is obtained at the observation locations when the error microphones are placed 0.2 m 
inside the secondary source surface. 
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